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DESCRIPTION 



SPEECH DECODER AND SPEECH DECODING METHOD 



5 



Technical Field 



The present invention relates to a speech decoder and speech decoding method used in 
speech CODECs. 



Audio decoders which generate excited signals from coded speech signals input in 
units of frames and generate decoded speech signals from these excited signals are known. Of 
these types of speech decoders, in those which are adapted to low bit rate speech CODECs, the 
15 excited signals are treated with emphasis processing such as pitch emphasis processing or 

formant emphasis processing in order to improve the subjective sound quality of the decoded 
speech. 

However, when frame errors occur in succession, the noise components are 
emphasized by these emphasis processes, thereby increasing the distortion and lowering the 
20 subjective sound quality. 



25 has the object of offering a speech decoder and speech decoding method capable of lightening 
the reduction of the subjective sound quality even when frame errors occur in succession. 

In order to achieve this object, the present invention offers a speech decoder which 
generates excited signals from coded speech signals inputted in units of frames and generates 
decoded speech signals from these excited signals, characterized by comprising emphasis 

30 processing means for performing an emphasis process on said excited signals; error detecting 
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Background Art 



Disclosure of the Invention 



The present invention has been accomplished in view of the above considerations, and 
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means for detecting frame errors in said coded speech signals; counting means for counting a 
number of times said frame errors occurred in succession and outputting the successive error 
frame number; and emphasis process prohibiting means for prohibiting said emphasis process 
due to said emphasis processing means when said successive error frame number exceeds a 
5 predetermined reference error frame number. 

According to this speech decoder, an emphasis process is performed on the excited 
signals when the communication environment is good, and the successive error frame number is 
less than or equal to a predetermined reference error frame number. As a result, good decoded 
speech signals with high subjective sound quality are obtained. On the other hand, if the 

10 communication environment becomes bad and the successive error frame number exceeds the 
reference error frame number, the emphasis processing of the excited signals is prohibited. 
Therefore, distortions in the decoded speech signals which occur when emphasis processing is 
performed in such cases can be avoided before they occur. 

Additionally, aside from prohibiting emphasis processing of excited signals when the 

15 successive error frame number has exceeded the reference error frame number, it is possible to 
control the amount of emphasis in the emphasis process in accordance with the successive error 
frame number. 



20 



Brief Description of the Drawings 



Fig. 1 is a block diagram showing the structure of a speech decoder which is an 
embodiment of the present invention. 

Fig. 2 is a block diagram showing a specific structure applying the same embodiment 
to a CS-ACELP type speech decoder. 
25 Fig. 3 is a diagram for explaining a first modification example of this embodiment. 

Fig. 4 is a diagram for explaining a second modification example of this embodiment. 



Best Modes for Carrying Out the Invention 
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Next, a preferred embodiment of the present invention shall be described with 
reference to the drawings. 

Fig. 1 is a block diagram showing the structure of a speech decoder 10 which is an 
embodiment of the present invention. 
5 This speech decoder 10 comprises a decoding processing portion 11 and a emphasis 

process control portion 12. 

Here, the decoding processing portion 11 is a device for decoding the received 
decoded speech signals (bitstream) BS and outputting the decoded speech signals SP. 

This decoding processing portion 11 comprises an emphasis processing portion 15, a 
10 first switch SW1 and a second switch SW2. 

The emphasis processing portion 15 performs emphasis processing with respect to the 
signals to be processed SPC based on the various parameters contained in the decoded speech 
signal, and outputs the resulting emphasized signals to be processed SEPC. 

The first switch SW1 and second switch SW2 are switches for switching the signals to 
15 be processed SPC so as to be supplied to the latter-stage circuits through the emphasis 

processing portion 15, or so as to be supplied to the latter-stage circuits through the bypass BP. 

Next, the emphasis process control portion 12 is a device for controlling whether or 
not to perform the emphasis processes in the decoding processing portion 11 based on frame 
error conditions of the coded speech signal BS. 
20 This emphasis process control portion 12 comprises an error detecting portion 16 and 

a counter portion 17. 

Here, the error detecting portion 16 is a device for detecting the frame errors of the 
coded speech signal BS and outputting error detection signals SER. 

Additionally, the counter portion 17 counts the successive frame error number based 
25 on the error detection signals SER, and outputting an emphasis process control signal CE for 
switching the first switch SW1 and the second switch SW2 to the bypass BP side to prohibit 
emphasis processing when the successive frame error number exceeds a preset reference 
successive frame error number. 
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Next, the operations of the present embodiment will be described. 
First, when the successive frame error number outputted from the counter portion 17 is 
less than or equal to a preset reference successive frame error number, the first switch SW1 and 
second switch SW2 are set to the emphasis process portion 15 side. Therefore, signals to be 
5 processed SPC generated from various parameters contained in the coded speech signal BS are 
supplied to the emphasis processing portion 15 of the decoding processing portion 11 via the 
first switch SW1 for emphasis processing. Then, the emphasized signals to be processed 
SEPC obtained by this emphasis process are outputted to the latter connected devices. As a 
result, a decoded speech signal SP with good subjective sound quality is obtained. 
10 On the other hand, when the communication quality is degraded and the successive 

frame error number outputted from the counter portion 17 exceeds the reference successive 
frame error number, the first switch SW1 and second switch SW2 are set to the bypass BP side. 
As a result, the signals to be processed SPC generated by the parameters contained in the coded 
speech signal BS are outputted to latter-connected devices without being emphasis processed by 
15 the emphasis processing portion 15. Since the emphasis process is prohibited in this way when 
the successive frame error number is large, it is possible to reduce distortions generated by in 
the decoded speech signals SP. 

Next, with reference to Fig. 2, a specific example of application of the present 
embodiment to a speech decoder in a CS-ACELP (Conjugate Structure Algebraic Code Excited 
20 Linear Prediction) type CODEC shall be explained. This type of CS-ACELP format speech 
coder and speech decoder are described, for example, in R. Salam et al., "Design and 
Description of CS-ACELP: A Toll Quality 8kb/s Speech Coder", IEEE Trans, on Speech and 
Audio Processing, vol. 6, no. 2, March 1998. 

In Fig. 2, the speech decoder 20 comprises a parameter decoder 21. This parameter 
25 decoder 21 is a device decoding a pitch delay parameter group GP, a cobebook gain parameter 
group GG, a codebook index parameter group GC and an LSP (Line Spectrum Pair) index 
parameter group GL from the received coded speech signals (bitstream) BS. 

Here, the codebook index parameter group GC includes a plurality of codebook index 
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parameters and a plurality of codebook code parameters. 

Additionally, the speech decoder 20 comprises an adaptive code vector decoder 22, a 
fixed code vector decoder 23 and an adaptive preprocessing filter 25. 

Here, the adaptive code vector decoder 22 is a device for outputting an adaptive code 
5 vector ACV corresponding to the pitch delay parameter group GP. More specifically, this 
adaptive code vector decoder 22 has a rewritable memory, and this memory contains a 
predetermined number of adaptive code vectors ACV which have been input in the past. The 
adaptive code vector decoder 22 takes the pitch delay parameter group GP as an index, reads an 
adaptive code vector ACV corresponding to this index from the memory, and outputs the result. 
10 Additionally, when the excited signal SEXC is reconstructed by the excited signal 

reconstruction portion 27 to be described later, this excited signal SEXC is written into the 
memory of the adaptive code vector decoder 22 as a new adaptive code vector ACV, and the 
oldest adaptive code vector ACV in the memory is eliminated. 

The fixed code vector decoder 23 is a device for outputting an original fixed code 
15 vector FCVO corresponding to the codebook index parameter group GC. 

The adaptive code vector decoder 22 and the fixed code vector decoder 23 correspond 
to the codebook decoder 18 in Fig. 1. 

The adaptive preprocessing filter 25 is a device which functions as an emphasizing 
process means for emphasizing the harmonic components of the decoded original fixed code 
20 vector FCVO, and outputs the result as a fixed code vector FCV. 

Here, the first switch SW1 is provided in front of the adaptive preprocessing filter 25 
in order to switch whether to supply the original fixed code vector FCVO outputted from the 
fixed code vector decoder 23 to be supplied to the adaptive preprocessing filter 25 or to be 
supplied to the bypass BP. Additionally, the second switch SW2 is provided after the adaptive 
25 preprocessing filter 25 to select either the output terminal of the adaptive preprocessing filter 25 
or the bypass BP for connection to the excited signal reconstruction portion 27. The first 
switch SW1 and second switch SW2 are switched by means of a preprocessing control signal 
CPR to be described later. 
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Furthermore, the speech decoder 20 comprises a gain decoder 24 and an LSP 
reconstruction portion 26. 

The gain decoder 24 is a device for outputting an adaptive codebook gain ACG and a 
fixed codebook gain FCG based on a fixed code vector FCV (or original fixed code vector 
5 FCVO) and a codebook gain parameter group GG. 

The LSP reconstruction portion 26 is a device for reconstructing the LSP coefficient 
CLSP based on the LSP index parameter group GL. 

Further, the speech decoder 20 comprises an excited signal reconstruction portion 27, 
an LP synthesis filter 28, a postprocessing filter 29 and a bypass filter / upscaling portion 30. 
10 Here, the excited signal reconstruction portion 27 is a device for reconstructing the 

excited signal SEXC based on adaptive code vector ACV, an adaptive codebook gain ACG, a 
fixed codebook gain FCG and a fixed code bector FCV (or original fixed code vector FCVO). 
This excited signal SEXC is written into the memory of the adaptive code vector decoder 22 as 
a new adaptive code vector ACV, and the oldest adaptive code vector ACV in the memory is 
15 eliminated. 

The LP synthesis filter 28 is a device which performs an LP synthesis based on the 
excited signal SEXC and the LSP coefficient CLSP to reconstruct the speech signal SSPC. 

The postprocessing filter 29 is a device for performing postprocess filtering of the 
speech signal SPC. This postprocessing filter 29 is constructed of three filters, a long-term 
20 postprocessing filter, a short-term postprocessing filter and a slope compensation filter. These 
three filters are serially connected in the order of long-term posprocessing filter to short-term 
postprocessing filter to slope compensation filter in the direction of input to output. 

The bypass filter / upscaling portion 30 is a device for performing a bypass filtering 
process and an upscaling process with respect to the output signals of the postprocessing filter 
25 29. 

Additionally, the speech decoder 20 comprises an error detecting portion 31 and a 
counter portion 32. 

Here, the error detecting portion 31 detects frame errors in the received coded speech 
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signals BS and outputs error detection signals SER. 

Additionally, the counter portion 32 counts the successive frame error number based 
on the error detection signal SER, outputs a preprocessing control signal CPR for selecting the 
preprocessing filter 25 by means of the first switch SW1 and the second switch SW2 when the 
5 successive frame error number is less than or equal to a predetermined reference frame error 
number, and outputs a preprocessing control signal CPR for selecting the bypass BP by means 
of the first switch SW1 and the second switch SW2 when the successive frame error number has 
exceeded the predetermined reference frame error number. 

Next, the operations of the speech decoder 20 shall be explained. 

10 First, when the successive frame error number is less than or equal to the reference 

frame error number, the counter portion 32 switches the first switch SW1 and second switch 
SW2 to the adaptive preprocessing filter 25 by means of a preprocessing control signal CPR. 
As a result, the original fixed code vector FCVO outputted from the fixed code vector decoder 
23 is supplied to the adaptive preprocessing filter 25. Then, an emphasis process for 

15 emphasizing the harmonic components is performed on the original fixed code vector FCVO in 
the adaptive preprocessing filter 25, and the resulting fixed code vector FCV is supplied to the 
gain decoder 24 and the excited signal reconstruction portion 27. Thus, a decoded speech 
signal SP with good subjective sound quality is obtained. 

On the other hand, when the communication quality degrades and the successive 

20 frame error number outputted from the counter portion 32 exceeds the preset reference 

successive frame error number, the first switch SW1 and the second switch SW2 are set to the 
bypass BP side. As a result, the original fixed code vector FCVO outputted from the fixed 
code vector decoder 23 is supplied to the gain decoder 24 and excited signal reconstruction 
portion 27 without undergoing an emphasis process by means of the adaptive preprocessing 

25 filter 25. Since the emphasis process is prohibited in this way when the successive frame error 
number is large, it is possible to reduce distortion which is generated in the decoded speech 
signal SP. 

An embodiment of the present invention has been explained above, but various 
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examples of modifications to this embodiment can be considered. 

Fig. 3 is a block diagram showing the structure of a speech decoder according to a first 
modification example. In Fig. 3, the parts which are the same as those in Fig. 1 are indicated 
by the same reference numerals. 
5 In the above-described embodiment, emphasis processing is prohibited when the 

successive frame error number exceeds the predetermined reference successive frame error 
number. In contrast, in a speech decoder 30 according to a first modification example, the 
degree of the emphasis processing is controlled by controlling the filter gain of the 
preprocessing filter 25' for performing emphasis processing as shown in Fig. 3. That is, the 

10 counter portion 17' counts the successive frame error number, outputs a gain control signal SGC 
which makes the filter gain of the preprocessing filter 25 ' a normal value when this successive 
frame error number is less than or equal to a predetermined reference frame error number, and 
outputs a gain control signal SGC for making the filter gain of the preprocessing filter 25' less 
than usual when the successive frame error number exceeds the predetermined reference frame 

15 error number. 

In this case as well, it is possible to reduce the distortions which are generated by 
performing emphasis processing when frame errors occur in succession, so as to enable the 
degradation of the subjective sound quality to be reduced. 

Fig. 4 is a block diagram showing the structure of a speech decoder according to a 
20 second modification example. In Fig. 4, the parts which are the same as those in Fig. 1 are 
indicated by the same reference numerals. 

In the speech decoder 40 of the second modification example, the deoding processing 
portion 41 is provided with a plurality of preprocessing filters 25'-l to 25'-n, a first multiplexer 
MX1 and a second multiplexer MX2 as shown in Fig. 4. 
25 Here, the amount of emphasis (e.g., corresponding to the filter gain) of the emphasis 

process performed by each of the preprocessing filters 25 '-1 to 25 '-n are different, the amount 
of emphasis in the preprocessing filter 25 '-1 being the highest, and the amount of emphasis 
becoming lower in advancing to preprocessing filter 25 '-2, preprocessing filter 25 '-3 and so on. 
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Between the first multiplexer MX1 and the second multiplexer MX2, one route is selected from 
among these preprocessing filters 25'-l to 25 ? -n and the bypass BP. 

The counter portion 17" counts the number of successive frame errors, and supplies a 
selection signal SSEL for selecting the bypass BP or a preprocessing filter of an emphasis 
5 amount suited to the number of successive frame errors to the first multiplexer MX1 and the 
second multiplexer MX2. 

In this second modification example, e.g. when the successive frame error number is 
"0", the preprocessing filter 25'-l with the highest amount of emphasis is selected by the first 
multiplexer MX1 and second multiplexer MX2. 
10 Then, if the communication environment worsens, preprocessing filters with lower 

amounts of emphasis are chosen such as preprocessing filter 25'-2 preprocessing filter 25'-3, . , . 
as the successive frame error number increases from "0" to "1", "2", ... 

In this way, the effects of switching of emphasis processing can be reduced because 
the amount of emphasis of the emphasis process can be switched in multiple steps in accordance 
15 with the successive frame error number. 

In the above description, a case of a CS-ACELP type speech decoder was given as a 
specific example of the speech signal processing device. However, the present invention can 
be applied to speech signal processing devices of other formats such as speech decoders using 
APC (Adaptive Predictive Coding), APC-AB (APC with Adaptive Bit allocation), APC-MLQ, 
20 ATC (Adaptive Transform Coding), MPC (Multi Pulse Coding), LPC (Linear Prediction 

Coding), RELP (Residual Excited LPC) CELP (Code Excited LPC), LSP (Line Spectrum Pair 
Coding) or PARCOR as long as they are speech signal processing devices which perform 
emphasis processing. 
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CLAIMS 

1. A speech decoder which generates excited signals from coded speech signals inputted 

in units of frames and generates decoded speech signals from the excited signals, said speech 
5 decoder comprising: 

emphasis processing means for performing an emphasis process on said excited 

signals; 

error detecting means for detecting frame errors in said coded speech signals; 

counting means for counting a number of times said frame errors occurred in 
10 succession and outputting the successive error frame number; and 

emphasis process prohibiting means for prohibiting said emphasis process due to said 
emphasis processing means when said successive error frame number exceeds a predetermined 
reference error frame number. 

15 2. A speech decoder which generates excited signals from coded speech signals inputted 

in units of frames and generates decoded speech signals from these excited signals, said speech 
decoder comprising: 

emphasis processing means for performing an emphasis process on said excited 
signals, capable of controlling the amount of emphasis of said emphasis process; 
20 error detecting means for detecting frame errors in said coded speech signals; 

counting means for counting a number of times said frame errors occurred in 
succession and outputting the successive error frame number; and 

emphasis amount control means for controlling the amount of emphasis of said 
emphasis processing means in accordance with said successive error frame number. 

25 



3. A speech decoder according to claim 2, wherein: 

said emphasis processing means comprises a plurality of emphasis processing portions 
with different emphasis amounts, and selecting means for selecting an emphasis processing 
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portion for performing the emphasis process on said excited signals from among said plurality 
of emphasis processing portions; and 

said emphasis amount control means controls the selection of the emphasis processing 
portion by said selecting means in accordance with said successive error frame number. 

5 

4. A speech decoder according to claim 3, wherein 

said emphasis processing means comprises a bypass for outputting coded speech 
signals absolutely without performing the emphasis processes of said plurality of emphasis 
processing portions; 

10 said selecting means is capable of selecting said bypass as well as said plurality of 

emphasis processing portions; and 

said emphasis amount control means controls said selecting means so as to output said 
coded speech signals through the bypass of said emphasis processing means when said 
successive error frame number exceeds a predetermined value. 

15 

5. A speech decoder according to claim 3, wherein: 

said emphasis process selecting means controls the amount of emphasis of said 
emphasis processing means so as to reduce said emphasis amount when said successive frame 
error number is large. 

20 

6. A speech decoder according to claim 3, wherein: 

said emphasis processing means is a filter for performing a filtering process on said 
excited signals; and 

said emphasis amount control means controls the gain of the filtering process of said 
25 filter depending on said successive error frame number. 

7. A speech decoding method for generating excited signals from coded speech signals 
inputted in units of frames and generating decoded speech signals from these excited signals, 
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the method comprising a process for counting a number of successive frames of received coded 
speech signals having coding errors; and prohibiting emphasis processing with respect to said 
coded speech signals when the number exceeds a predetermined reference error frame number. 

5 8. A speech decoding method for generating excited signals from coded speech signals 

inputted in units of frames and generating decoded speech signals from these excited signals, 
the method comprising a process for counting a number of successive frames of received coded 
speech signals having coding errors; and controlling an amount of emphasis of the emphasis 
process on said coded speech signals in accordance with this number. 

10 
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ABSTRACT 

A decoding processing portion 11 of a speech decoder 10 is provided with an 
emphasis processing portion 15 for performing an emphasis process on signals to be processed 
(excited signals) SPC generated from coded speech signals BS. A counter portion 17 counts 
5 the number of times code errors occurred in successive frames of the coded speech signal BS, 
and outputs the successive frame error number. When the successive frame error number 
outputted form the counter portion 17 is less than or equal to a preset reference successive frame 
error number, a first switch SW1 and second switch SW2 are set to an emphasis processing 
portion 15 side. Accordingly, the signals to be processed SPC generated from various 

10 parameters included in the coded speech signals are supplied through the switch SW1 to the 
emphasis processing portion 15 of the decoding processing portion 11 to perform an emphasis 
process. Then, the emphasized signals to be processed SEPC obtained by this emphasis process 
are outputted through the switch SW2 to latter connected devices. As a result, decoded speech 
signals SP with good subjective sound quality are obtained. On the other hand, when the 

15 communication quality is degraded and the successive frame error number outputted from the 
counter portion 17 exceeds a preset reference successive frame error number, the first switch 
SW1 and second switch SW2 are set to a bypass BP side. Accordingly, the signals to be 
processed SPC generated from the various parameters contained in the coded speech signals are 
outputted to the latter connected devices without emphasis processing by the emphasis 

20 processing portion 15. In this way, emphasis processing is prohibited when the successive 

frame error number is large, thereby reducing distortion generated in the decoded speech signals 
SP. 
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(Application Serial No.) (Filing Date) (Status-patented, pending, abandoned) 

I hereby declare that all statements made herein of my own knowledge are true and that all statements made on information and 
belief are believed to be true; and further that these statements were made with the knowledge that willful false statements and 
the like so made are punishable by fine or imprisonment, or both, under Section 1001 of Title 18 of the United States Code and 
that such willful false statements may jeopardize the validity of the application or any patent issued thereon. 

Inventor's Signature . > .. ^^jk^e j/tl^- . Date: /J , , / ?/f . 

Full name of sole or first inventor/ -^O^ Nobuhiko Naka 

Residence Kanap wa. Japan / X- . 

Citizenship Japanese _ 

Post Office Address 3-34-13-703 Kuriki, Isogo-ku, Yokohama-shi, Kanagawa 235-0041 Japan 

BRINKS HOFER GILSON & LIONE 
P.O. Box 10395 
Chicago, IL 60610 
(312) 321-4200 



Inventor(s): 
Title: 



Nobuhiko Naka 

sprfch nnmnuR and spffc.h dfcqdinCt mfthod 



POWER OF ATTORNEY 

The specification of the above-identified patent application: 

□ is attached hereto 

IEI was filed on May 27, 1999 as international application No. PCT/JP99/02802 

I hereby revoke all previously granted powers of attorney in the above-identified patent application and appoint the following 
attorneys to prosecute said patent application and to transact all business in the Patent and Trademark Office connected therewith: 

Gustavo Siller, Jr. - 32,305 
Tadashi D. Horie - 40,437, 
Daniel B. Burg - 

Please address all correspondence and telephone calls to Tadashi Horie in care of: 

Brinks Hofer Gilson & Lione 
' 3PXrBoTT0395 

_ Vtitraan IT 60610 , 

(312)321-4200 

The undersigned hereby authorizes the U.S. attorneys named herein to accept and follow instructions from as to any 

action to be taken in the Patent and Trademark Office regarding this application without direct communication between the U.S. 
attorney and the undersigned. In the event of a change in the persons from whom instructions may be taken, the U.S. attorneys named 
herein will be so notified by the undersigned. 

NTT Mobile Communications Network, Inc. . a Japanese, Corporation , certifies that it is the assignee of the entire right, title 
and interest in the patent application identified above by virtue of either: 

13 An assignment from the inventor(s) of the patent application identified above, a copy of which is attached hereto. 
OR 

□ An assignment from the inventor(s) of the patent application identified above. The assignment was recorded in the Patent 
and Trademark Office at Reel , frame 

. !i ' OR 

□ A chain of title from the inventor(s), of the patent application identified above, to the current assignee as shown below: 

1. From To: 

» The document was recorded in the Patent and Trademark Office at 
Reel , frame , or a copy thereof is attached. 

2. From To: 

The document was recorded in the Patent and Trademark Office at 
Reel , frame , or a copy thereof is attached. 

□ Additional documents in the chain of title are listed on a supplemental sheet. 

The undersigned has reviewed the assignment or all the documents in the chain of title of the patent application identified 
above and, to the best of undersigned's knowledge and belief, title is in the assignee identified above. 

The undersigned (whose title is supplied below) is empowered to act on behalf of the assignee. 

I hereby declare that all statements made herein of my own knowledge are true, and that all statements made on information 
and belief are believed to be true; and further, that these statements are made with the knowledge that willful false statements, and the 
like so made, are punishable by fine or imprisonment, or both, under Section 1001, Title 18 of the United States Code, and that such 
willful false statements may jeopardize the validity of the application or any patent issuing thereon. 

Signature /J^ 

Date: 

Name: Kota Kinoshita 

Title: Senior Vice President, 

Deputy Senior Executive Manager, 

Research and Development Plan Department 



